Abstract-The Gabor expansion is a mathematical tool, which provides a joint time-frequency representation of a given signal by decomposing it into time-frequency elementary signals called Gabor atoms. It has been used in a variety of signal processing applications, including biomedical signal processing. In this paper we present a time-frequency masking technique based on Gabor expansion for both heart sound localization and reduction problem. Gabor coefficients of lung sound segments recorded from trachea are calculated and masked to remove the distinctive heart sound effects. Reconstruction of lung sound is achieved from modified Gabor coefficients without heart sound noise.
I. INTRODUCTION
Lung sound noise reduction is of great interest for automated diagnosis systems, especially when high energy heart sounds interfere with the low energy lung sounds at the low frequency band [1] . Different methods based on the adaptive filtering [2] and time-frequency filtering [3] have been applied to remove heart sound noise on the lung sound without altering lung sound. They all were the promising methods achieving significant degree of success. However, although heart sounds were localized perfectly with these methods the filtering of the lung sound signal was still on debate. Moreover, implementation of these methods were not straight forward and needs careful computerisation, thus not suitable for automated diagnosis systems.
The need of fast and effective method can be overcome by the Gabor type time-frequency representation of the lung sound. Gabor representation of a signal provides a convenient means to modify the signal in the time-frequency domain. By adjusting the magnitude of the Gabor coefficients in a prescribed manner and reconstruction of the modified -----------* This work was supported by The Scientific and Technical Research Council of Turkey, TUBITAK-EEEAG Project number: 105E060. signal using the inverse Gabor expansion, a time-frequency filter is easily implemented In this paper we present a timefrequency masking technique based on Gabor expansion for the lung sound noise reduction problem.
II. GABOR REPRESENTATION OF LUNG SOUND

A. Gabor expansion
The Gabor expansion, proposed by D. Gabor in 1946, is the decomposition of a signal into a set of time-shifted and modulated versions of an elementary window function. For signal f(t) the Gabor expansion is defined as [4] ( ) ( ) , , m n m n m n f t c g t
where T and Ω represent time and frequency sampling intervals respectively. Ideally, the synthesis function g(t) (also called logon) should be well localized in both time and frequency (i.e., should decay rapidly outside a small region in the time-frequency space), in which case the coefficients c m,n give good indications of the content of the signal at time m and frequency n. Originally, the synthesis function was chosen by Gabor as a gaussian window, because it maximizes the concentration in the time-frequency plane. The existence of (1) has been found to be possible for arbitrary f(t) only for 2π Ω < T [4] . This is called the oversampled case and the synthesis functions are no longer lineary independent. At the critical sampling case 2 T π Ω = , the logons are linearly independent, but are not orthogonal in general (Balian-Low obstruction) [4, 5] . This means that the Gabor coefficients c m,n are not simply the projections of f(t) onto the corresponding logons g(t) (i.e. the analysis and synthesis windows can not be the same).
Gabor coefficient c m,n is computed by the inner product rule for projecting f(t) onto γ(t), auxiliary function, i.e., ( ) ( )
If the windows g(t) and γ(t) are chosen biorthonormal, i.e. if they validate the biorthonormal condition
then the analysis formula given (2) allows the computation of the Gabor coefficients and the synthesis formula (Equation 1) the reconstruction of the signal f(t).
Zak transform can be used to compute the biorthonormal window γ(t) associated to a given synthesis window g (t) . From an implementation point of view, this solution is not fully satisfactory since the computation of the biorthonormal window γ(t) is numerically unstable. So in general, some degree of oversampling is considered, which introduces redundancy in the coefficients, in order to "smooth" the biorthonormal window γ(t), for the sake of numerical stability. These considerations are closely connected to the theory of frames [6] .
B. Data acqusition
In this work lung sound is used from the database [7] . Sound data were acquired with a piezoelectric contact accelerometer accelerometer (Siemens EMT25C) at the trachea. The signal was filtered to remove DC with 8th order Butterworth band-pass filter with pass band 7:5Hz -2500Hz then digitized with 16 bit analog-to-digital converted (ADC). The original sampling rate was 11025Hz.
C. Gabor analysis of lung sound
Acquired lung sound signal includes both desired lung sound information and heart sound noise. In this work, we used the generalized Gabor expansion for lung sound signal modeling. For finite discrete-time signals Gabor synthesis and analysis equations are of the form respectively [5] ( ) ( ) ( ) ( )
where it is assumed that N and M are the maximum allowable frequency and time shifts respectively. For the synthesis function g(t), we chose Gaussian type window in order to obtain well localized windows [4] . Below normalized Gaussian function is used
where L is the number of the data samples. Biorthogonal sequence was computed using algorithms in [5] . Both the window and the biothogonal sequence are illustrated in Figure 1 . 10000 L = samples segment was used to compute Gabor coefficients and we considered oversampling case with 1000 M = and 10000 N = . Once biothogonal γ(t) is determined, it is trivial to compute c m,n by N-point FFT. Figure 2 shows the magnitude values of the Gabor coefficients of this signal in a contour plot. Note that only the positive half of the frequency axis is shown. In Figure 2 we see that Gabor coefficients are visiable only at the frequencies where high energy heart sound signals are present. In other words, most of the Gabor coefficients are close to zero outside the noisy region in the joint time-frequency domain of the lung sound signal. Thus, the desired signal can be obtained from the noisy signal by masking the high amplitude Gabor coefficients.
III. HEARTH SOUND FILTERING
A. Gabor coefficients masking
Once Gabor coefficients are calculated heart sound signal can be eliminated by simply eliminating the noise-only Gabor coefficients from the Gabor expansion of the lung sound signal. Based on the calculation of the Gabor transform, that concentrates the noise components in a very few number of Gabor coefficients whose magnitudes are maximized, simple masking (threshold) technique can remove a large percentage of the noise from the lung sound signal. The technique works well because the heart sound energy is locally present and well discriminated.
The threshold is applied to the Gabor coefficient magnitudes up to 150 Hz region and, then only the coefficient magnitudes above the threshold equated to the threshold value. Optimal threshold was chosen by experimenting with several values ranging from 0 to 0.8 times the maximum Gabor coefficient magnitude and found to be 0.3 times is the optimum. 
B. Synthesizing back to lung sound signal
Lung sound signal was recovered back from the masked Gabor coefficients by inverse transform. Equation 4 describes the inverse transform. Algorithm based on [5] was applied to compute inverse transform and perfect reconstruction achieved.
3D spectrum of the original and filtered lung sound segment were shown in Figure 3 . It is apparent that major and secondary heart sound peaks are vanished at the low frequency region without harming the high frequency range (above 150 Hz.). Figure 4 also shows the 50 Hz. region of the original and filtered lung sound signal segment. The noise-reduction is also evident from these plots.
C. Power Spectral Density calculations
In order to validate our results, Power Spectral Density (PSD) is estimated for the original lung sound signal and for the synthesized lung sound signal.
Welch's method (or the periodogram method) for estimating PSD is carried out by dividing the time signal into blocks, and averaging squared-magnitude Discrete Fourier Transform (DFT) of the signal blocks. 1024 point Hamming window is applied to signal blocks before Fourier Transform. Equation of the PDS is expressed as below:
III. CONCLUSIONS
We removed heart sound noise in the lung sound signal successfully by finite discrete Gabor expansion and Gabor coefficient masking method. Both heart sound signal localization and filtering were done by Gabor expansion. As shown in Figure 6 the PSD of the orginal lung sound signal has been considerable decreased at the frequencies up to 150 Hz. This clearly demonstrates the effectiveness of the masking technique.
Noise reduction for other biomedical signals by Gabor expansion was done by other authors [8] . Here we applied to lung sound filtering and achieved noise-free lung sound signal at the end. It is proved that lung sound signal is very well modeled by Gabor coefficients. Although lung sound as a time-varying signal covers very large area in the timefrequency domain, heart sound as a noise signal has very distinctive place and can be easily processed by Gabor expansion.
The linearity of the Gabor expansion suggests the possibility of further processing of the lung sound signal. For instance, one may be consider the cross spectral analysis between lung sound signal and respiratory signal. Furthermore similar analysis can be carried out by the selection of the windows for the adventitious sound spectrum.
Finaly, comparing to our previous study [9] , although the Figures shows the similar results, in terms of the computational cost and simulation duration Gabor expansion technique is more superior than the spectrogram and adaptive filtering technique. 
